The ability to simultaneously stimulate and record from neural tissue is paramount to the creation of a feedback-enabled control system. This stimulation creates additional electrical potential as seen by the recording system. This artifact can be approximated by a linear transfer function of the stimulus current. The computation of the transfer function is complicated by measurement noise and the bias and variance inherent in spectral estimation. We reduce bias and variance by using multi-taper techniques. We demonstrate the use of this transfer function as a method to remove stimulation artifact in the context of neural modulation with applied low-frequency ( 100Hz) electric fields in chronically instrumented animals.
used for for the treatment of human diseases and investigated for prosthetic input. The ability to craft custom continuous stimulation, in response to ongoing neural activity, is limited by recording artifact due to the stimulation. This is a result of a stimulation-induced change in differential mode and common mode potentials between electrode pairs with respect to the recording amplifier. In the stimulation target region, this additional potential can be of greater magnitude than the underlying neural signals. Therefore, typical neural stimulation is performed without regard for network activity (open-loop), in a response to network activity spatially far from the stimulation site, or in response to network activity during time periods without stimulation.
Under general assumptions similar to those used in the derivation of lead-field theory [1] [2] [3] , the stimulation artifact can be approximated as a linear, complex transformation of the stimulation current:
V (t) = T (τ ) * I(t) + η(t)
V is the measured voltage between a pair of electrodes, T is the transfer function, I is the applied current, η is a noise -here any potential source not due to the stimulation -term, and * denotes convolution. This form is convenient because the artifact can be estimated in analog circuitry using a linear filter. In Fourier space, this transforms to:
The transformation is complex, and allows the transfer function T (ω) will have frequency dependent amplitude and phase. The complex dispersion can come from the impedance of the tissue [4] [5], the electrochemical nature of the recordingelectrode/tissue interface [6] , and the filtering properties of the first-stage recording amplifier.
We demonstrate an efficient method for computing the linear transfer function based on periodic noise stimulation and multi-taper analysis in the context of a prototype device for low-frequency ( 100Hz) stimulation for seizure control [7] [8] . Discrete prolate spheroidal sequences (DPSS) are used as data windowing functions (tapers) in order to significantly reduce inherent spectral bias and variance in comparison to methods such as Welch's overlapping segment averaging [9] . The sample variance of each tapered spectral estimate across all time windows is used to perform a weighted leastsquares fit of the transfer function.
II. METHODS

A. Overview
Both stimulation current and measured potential are recorded concurrently. As described below, this data is broken into short data windows, multiple orthogonal data tapers are applied to the time series, and fast Fourier transforms are computed. From these separate independent spectral estimates, a best fit is determined for the transfer function.
B. Multi-taper methods
Whenever Fourier analysis is performed on a segment of a time-series, a rectangular data taper is inherently applied to the time-domain data under consideration. The resulting estimate of this spectrum will suffer from leakage [9] and will introduce estimator bias. This estimator bias can be determined and removed in the special case of a perfectly flat frequency spectrum, however, this implies that the spectrum shape must be known a priori. We can reduce this bias by applying a data taper, such as the Hanning window, whose narrow frequency domain representation leads to a reduction in leakage and therefore reduced bias. Further reduction in bias is difficult as we are attempting to approximate the underlying frequency spectrum with finite data points [10] resulting in some variance in our estimator. The next improvement we can make is to obtain several estimates of the spectrum from the same time segment using multiple, orthogonal data tapers and thereby reduce the overall measurement variance. Discrete prolate spheroidal sequences (DPSS) tapers are orthogonal in the time domain and therefore provide multiple, independent frequency domain estimates from the same time series. These functions were developed to maximize signal concentration simultaneously in the time and frequency domains which makes them ideal choice for this analysis.
Time series data for the input current and recorded voltage are binned into n segments to facilitate efficient computation of the Fourier transform and to match the periodicity of the stimulus signal (see II-C). All k DPSS are applied to each of the n segments resulting in n * k total time blocks whose Fourier transform was computed. As taper index (k value) increases, the taper becomes wider in the frequency domain thereby increasing the susceptibility to spectral leakage. We used four most narrow-band DPSS tapers as an adequate trade-off between reducing the spectral estimate variance due to multiple samples and increasing it due to leakage.
C. Periodic noise stimulus
For the purposes of this analysis, it is convenient to use a periodic noise signal with the fundamental period equal to the length of the time blocks. Such a signal is constructed by summing sinusoids of fixed amplitudes whose frequencies span the range of interest and whose initial phases are randomized.
The period of this noise signal is determined by the lowest frequency of interest (ω low ) and the amplitude (A 0 ) is set so that the final signal has a desired root-mean-square (RMS) value. The set of frequencies that are summed is designed to match the frequencies of interest when the Fast Fourier Transform (FFT) is taken so that every frequency in the range of interest has the same magnitude. This noise sample is then sent to the stimulator repeatedly to ensure that each time window has an identical stimulus waveform.
D. Transfer function estimation
Once the stimulus current and recorded voltage time series are broken up, tapered, and the Fourier transform is applied (as described in section II-B), the optimal relationship between the current and voltage is computed. Initially, the frequency-domain data from each taper (h k ) is compared across all time bins. The naive statistical assumption is that the frequency spectrum data from each time block, using a given taper, has the same variance, so the best estimator for stimulus current and recorded voltage spectra is an average across all time windows. The sample variance can also be computed.
One of the consequences of this averaging is that any noise (η(ω)) in the recorded voltage V that is not coherent to the stimulus current I is reduced. This can be understood by breaking up the complex vector V into a component due to I and a component due to background activity. Since I is identical for every time bin, the vector component of V due to I should also be identical. The direction of the complex η vector is not correlated to I so the expectation value of η should decrease as n increases. A further reduction in variance can be made by using a jackknifing method [11] [10] where uniform variance across all samples is no longer assumed.
A complex linear function is then fit to the individual data using a weighted least squares method.
The 'slope' (T ) and 'intercept' (η) of this complex linear function are determined numerically to minimize R 2 [12] [13] . T (ω) is a complex representation of the transfer function of the stimulus current to recorded artifact voltage while η(ω) represents the residual signal that did not average out to zero. The complex transfer function can then be used to design a matched filter to simulate the effects of the tissue's complex impedance. One easy method to do this is using the invfreqz function of the Signal Processing toolbox in MATLAB (Mathworks Inc, Natick MA) which iteratively computes stable IIR filter based on a set of complex parameters (T (ω)) and their normalized, angular frequencies.
E. Experimental procedure
Multiple Sprague-Dolley rats (male, 350-400g) were implanted with iridium-oxide coated [14] stainless-steel stimulating electrodes (≈ 3mm 2 surface area) in compliance with IACUC-approved experimental protocols. 125µm bipolar electrodes were implanted in both hippocampi and two pairs of cortical screw electrodes were inserted into the skull. After recovery, these animals were connected to chronic recording system consisting of custom amplifiers and an isolated, current-program stimulator. Each animal participated in multiple stimulation sessions to asses stimulation electrode impedance 
III. RESULTS
Once the filter coefficients are determined for each of the bipolar recording electrodes, the current waveform is filtered and the result is subtracted directly from the recorded voltage waveform. The resulting recorded voltage waveform contains the electrophysilogical recording of the ongoing neural activity with negligible stimulation artifact. The remaining artifact can be measured by computing a cross correlation spectrum for the voltage signal and the stimulus current. Using these methods, we can predict the artifact voltage for an arbitrary waveform that is in the frequency range of the computed transfer function. Removal of single tone and chirp artifacts is demonstrated in figures 3 and 4 respectively. These data are from two separate animals and are generally representative of our ability to subtract stimulation artifact.
The filtering coefficients can then be incorporated into the experiment acquisition and control software, or in the hardware of the recording amplifiers through the use of digitally-programmable filter arrays. Furthermore, the evolution of these filter coefficients, as a function of experiment time, can give insight into things like electrode performance and tissue response to chronic implantation. 
IV. DISCUSSION
We have demonstrated the possibility for online, real-time stimulation artifact removal through the estimation of the stimulus to recording transfer function and generating a matched filter. Although transfer function analysis is not new in various fields of engineering, we have shown that the performance of this analysis can be increased through the use of specially generated noise signals and by performing multiple measurements of the frequency spectrum for each time-bin. These techniques are crucial to developing neural feedback-control systems, however, there are other applications of this generic method. With the same experimental procedure, it is straight forward to compare the stimulus current spectrum and the required stimulus voltage to drive that current and compute the electrode impedance as a function of frequency.
We have demonstrated the possibility for realtime stimulation artifact removal through estimation of filter coefficients from a complex transfer function between the stimulus current and the recorded artifact voltage. There is no technological impediment to implementing this in hardware using digitally programmable filters.
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